A robust noise adaptation method based on a mixed decision technique is proposed for speech enhancement. Objective speech quality tests, in terms of the SEGSNR improvement and the Itakura-Saito distortion, demonstrate its superiority in comparison with both hard-and softdecision-based methods.
Introduction: Frequency domain speech enhancement is focused mainly on improved estimation of spectral attenuation factors with the assumption of given noise statistics. However, in practice, the noise statistics exhibit fluctuations from frame to frame. Thus, a method for robust estimation of the noise statistics is investigated in this Letter.
Conventional noise estimation can be classified into two techniques. One is the hard-decision-(HD)-based method, which adapts the noise variance during voice-inactive regions by voice activity detection (VAD). This method is quite successful when VAD classifies the regions well. However, VAD itself is a complicated technique to implement when high performances under various noise sources and levels are required. Thus, speech detection errors due to VAD may cause over-estimation of the noise statistics, and lead to degradation of the speech quality. In other words, the performance of the HD-based method is subject to that of VAD.
The other technique is the soft-decision-(SD)-based method, which adapts the noise statistics based on the uncertainty of speech absence instead of the hard-limited function used in the HD-based method [1, 2] . This method does not rely on VAD decisions. However, it updates the noise statistics even in the presence of speech, and it is quite difficult to accurately measure the mixture ratio between speech and noise. The inaccurate measurement of speech absence, especially on voice-active regions, could seriously distort the enhanced speech.
Hence, we propose a novel noise adaptation method, named mixeddecision-(MD)-based noise adaptation, by taking into account the characteristics of the HD-and SD-based methods.
Probability of speech absence:
Assuming that each spectral component of the speech and noise signals has complex Gaussian distribution [3] , in which the noise is additive and uncorrelated with the speech signal, the conditional probability density functions of observing a noisy spectral component Y k , given H 0 : speech absence and H 1 : speech presence, are where k is the spectral bin index, 1 ≤ k ≤ K , and E (| N k | 2 ) and E (| X k | 2 ) denote the variances of the k th noise and speech spectral components, respectively.
The likelihood ratio (LR) of the k th spectral bin Λ k can be defined, from the above two likelihoods, as where γ k and ξ k are interpreted as the a posteriori and a priori signal-tonoise ratios (SNRs) defined as
, respectively. The a priori SNR ξ k and the noise variance E (| N k | 2 ) are estimated through the decision-directed method [3] and a noise adaptation method shown in the following Section, respectively. The probability of speech absence can be given by Bayes' rule as
and p ( H 0 ) denote the a priori probability of speech presence and absence, respectively.
Mixed-decision-based noise adaptation:
The HD-based method conducts noise adaptation during speech absence regions only as where the superscript t indicates the frame index, η is the forgetting factor, e.g. 0.95, and Y is the noisy spectrum. In the case of speech presence, detected by VAD, it does not update the noise variance. The HDbased noise adaptation has been widely used in speech enhancement. The SD-based noise estimation, the estimated noise given Y k , is formulated as
A non-causal Wiener filter for noise signals can be considered, as finding a Wiener filter for speech signals [4] , and can then be derived through proper derivation steps. The frequency response of the derived filter, G N , k , becomes
The noise variance of the SD-based method can be estimated in a recursive manner as
In order to alleviate the problems in the HD-and SD-based methods, the MD-based method is proposed for noise adaptation as where
The threshold θ is set to a sufficiently low value that rarely classifies the speech into a silence, i.e. θ < 1.
Experiments: Objective speech qualities are evaluated in terms of the segmental SNR (SEGSNR) improvement and the Itakura-Saito distortion (ISD) with respect to the speech detection error rate of VAD ( E d ). Various E d s are calibrated by a voice activity detector [5] , and then frame-by-frame VAD results are given to each noise adaptation method. For the experiment, speech materials of 64s are collected, sampled at 8kHz, mixed with vehicle noise of 5dB, and then processed every 10ms 
The SEGSNR improvement and ISD between the clean and enhanced speech signals are shown in Figs. 1 and 2 , respectively. The experiments confirm that (i) the SD-based method results in lower performances than both the MD-and the HD-based method for low E d s; (ii) the HD-based method exhibits significant degradation of the performances for an increase of E d ; and (iii) the MD-based method produces, regardless of the VAD performance, robust and superior performances in comparison with both the HD-and SD-based methods. Note that for very low E d s, i.e. 0.0 ≤ E d < 0.1, the performances of the MD and HD are slightly degraded compared with the case of E d = 0.2. This is caused by less frequent adaptation of the noise frames due to the increased false alarm rate of VAD. In other words, VAD produces the low E d at the expense of the increased false alarm rate at speech pauses.
Experimental results using various noise sources, such as helicopter and HMMWV with levels of 0, 5, and 10 SNR dB, exhibit performance patterns similar to those shown in Figs. 1 and 2 , despite differences in the absolute values being measured.
Conclusion:
The MD-based noise adaptation method has been proposed for robust estimation of noise variance. From the experiments, it has been shown that the MD-based method gives performances superior to both the SD-and HD-based methods. 
